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System Design The Rockford Way 


System Design the Rockford Way provides a foundation from which to build a high quality autosound system. To 
begin with there are 3 golden rules to System Design The Rockford Way. 


RULE 1: SOUNDS GOOD 


For every dollar a customer spends they must realize a sonic improvement. Every day customers spend money on 
products that do not make an audible difference in their car. If they don't hear a difference, they are more likely to try 
another product or dealer. 


RULE 2: RELIABLE 


Unfortunately customers who are not educated on the proper use of their new stereo system usually come back with 
blown or damaged equipment (it wasn't that loud | swear!). If the system has been designed and installed properly, 
taking time to educate the customer will increase system reliability. 


RULE 3: EXPANDABLE 


The initial system design should allow for expanding. Each time the customer wishes to upgrade their system they can 
do so without sacrificing any equipment previously purchased. 


With these 3 golden rules in mind it's time to begin the initial System Design The Rockford Way. To do this we 
approach it systematically. 


1) SPEAKERS 

2) CROSSOVERS and AMPLIFIERS 
3) SOURCE UNITS 

4) EQUALIZATION 


Speakers are considered first because they are the voice of the system. The speakers are performing the most difficult 
task... they're changing electrical energy to mechanical energy and mechanical energy to acoustical output. 


Crossovers and amplifiers come second, but are essential to the proper operation of the speakers. The crossovers 
delegate frequencies to the appropriate speaker while the amplifier provides the electrical energy to drive the speaker. 


Source units come third. In order to fully benefit from the improved clarity and dynamic performance of the "upgraded" 
source unit, the speakers, crossovers and amplifiers must be addressed first. 


Equalization is the fourth step to system design. Only after Steps 1 thru 3 have been implemented can one begin to 
smooth out the response problems in automobiles. Equalization is only to correct the acoustics of the environment. 
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System Designs 


SOUNDSTAGE: 


To create an accurate listening environment one must first 
have a basic understanding of the desired staging in a car. Front speakers 
In a car you want to recreate a three dimensional effect of 
sound by developing width, height and depth. Rockford 


recommends a FRONT STAGE with ambience or REAR L fw 7 R 
FILL. In the ideal listening environment the main source of 
sound is in the front of the listener. This is considered a front \S\ /=/ 


stage. A front stage describes the system's ability to repro- 
duce the presence of a stage from in FRONT of the listener. Direct Sound 
Ambience or rear fill is the result of sound reflecting off the 
rear walls and other surfaces before traveling back to the 


listener. 


An solid front stage with a good image is one of the most 
difficult tasks to achieve in an automobile. However, using 
Rockford's System Design philosophy and correct speaker 
placement will insure that the sound is always emanating 
from in FRONT of the listener. No car reflects the optimum 
listening environment which makes proper sound staging 
very difficult to achieve. Most speakers tend to be placed 
_ where they will easily fit, as opposed to where they will sound 
good. Speaker mounting varies from car to car. Two basic 
rules apply when mounting midrange and tweeters. Keep REVERBERATION 
them close together and as far forward as possible. 


Sound waves reflect from walls and other surfaces the same way light reflects from a mirror. In the ideal listening 
environment the enclosed space traps the sound, forcing it to return to the listener over and over again in a rapidly, 
decaying sense of reflections, known as "reverberation". Ideally, these reflections give the listener a sense that a live 
performance is taking place making the car seem more spacious. This effect makes them feel immersed in the music 
adding warmth and fullness to the tonal quality of the instruments. 


REVERBERATION 


/ 


Early reflections 
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System Design The Rockford Way 


3-Way System 


The introduction to Rockford's System Designconsists of one pair of midrange/tweeter and one pair of woofers. The 
midrange and tweeters are mounted close together and as far forward as possible. This develops our primary front 
stage. The woofers are always wired in mono to achieve maximum output from the amp. All speakers are wired in 
parallel. 


8 Ohm 8 Ohm 
WIG] [WY 
| ae el 
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System Design The Rockford Way 


3-Way System Front Stage Rear Fill 


Rockford's threeway system consists of 8 Ohm speakers mounted in the rear of the vehicle. 8 Ohm speakers will play 
3dB quieter than 4 Ohm and will simulate rear ambiance. All speakers are wired in parallel, lowering the overall 
impedance. 
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Ohm's Law 


R=E over | 


E=R times | 


R = resistance 
E = voltage 


1 = current 


Parallel Wiring Formula R1 x R2 
R1+R2 


= LOAD IMPEDANCE 


EXAMPLE: 4 ohms times 8 ohms 32 
-_ = — = 2.67 ohms 
4 ohms plus 8 ohms 12 


Series Wiring Formula 


Ri + R2 = LOAD IMPEDANCE 
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Impedance should be calculated for each frequency "band" INDIVIDUALLY. 
First determine which speakers will be playing within each band, then using 
your impedance formula, arrive at the actual impedance the amplifier will "see". 


SUB BASS MID BASS MID RANGE TREBLE 
20 Hz - 100 Hz 100 Hz- 275 Hz} 275Hz-6 kHz 6 kHz - 20 kHz 


2 


eA 


EXAMPLE: We are using SP-54's in front, and SP-58's in the rear of the vehicle. 
Our crossover components start the speakers at 100 Hz and stop them at 260 Hz. 
The fact that these speakers are playing at the same time tells us to use our 
formula to calculate the impedance at these frequencies. 


32 
1 


= 2.67 ohms 
(per channel from 100 - 275 Hz) 
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Calculating Impedance 
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System Design The Rockford Way 


4-Way System Front Stage Rear Fill 


To reinforce a stronger front stage a midbass driver will be required. The mounting location must be in front of the car 


and requires a bandpass crossover. In this four way system the listener will perceive that bass is coming from in front 


of the car. All speakers are wired in parallel. 


4 Ohm 


WIT 


UT\ 


WUO 


SOURCE 
UNIT 
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System Design The Rockford Way 


Ultimate 4-Way System 


This ultimate Rockford system makes an impressive demonstration vehicle to show customers the flexibility of 
Rockford Fosgate amplifiers. The design consists of 16 speakers running off of one single amplifier. 
The woofers are wired in i alee and each woofer is 4 Ohms. Also added to this system is a pair of 8 Ohm 
midbass for rear fill. , a oe 


4? 


SS REAR FILL , 
saa ¥ 
+ " ae : a 
ys 
Bs 

Mx Sag ~ 

4 Ohm | \. 4.Ohm 40hm ~.~ 40hm Ps 

WIY/ SAIC SQID N'ID if 
- + — + aa 


+ = = @5 | 


WUO 8 


8 Ohm 
NON a/, 


il 


SOURCE 4 Ohm 4 Ohm 
UNIT 


FRONT STAGE 


ROCKFORD TECHNICAL TRAINING INSTITUTE } 


ARR A RRR ARR RRR Ree. 


System Design The Rockford Way 


Bi-Amplified 4-Way System Front Stage Rear Fill 


Rockford's bi-amplified system design comes after all of the other steps have been made. This system requires two 
(2) amplifiers, and one (1) AF/2HD. The electronic crossover will dedicate one amplifier to sub-woofers and the second 
amplifier to midbass, midrange and tweeters. 
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System Design The Rockford Way 


Bi-Amplified 4-Way System With Equalization 


Rockford's bi-amplified system with equalization is the last step in basic system design. This system requires two (2) 
amplifiers, one (1) AF/2HD, one (1) OEQ-1, and one (1) PA-1. The OEQ-1 will correct for response problems in the 
car's environment, while the PA-1 gives adjustable equalization with three rotary knobs. 


8Ohm = __, _ 8Ohm == 8 Ohm 


4 Ohm 4 Ohm 4 Ohm 


8 Ohm 
wyO 8 


4 Ohm 
WYO + 
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System Design Quiz 


1) System Design the Rockford Way provides a foundation from which to build a high quality autosound system. 
What are the three golden rules? 


(A) 
(B) 
(C) 


2) In acar we are trying to recreate a three dimensional effect of sound by developing what? 
(A) 
(B) 
(C) 


3) The term "front stage" refers to: 
(A) The area in the front of the band. (C) Sound that emanates from in front of the listener. 
(B) Speakers mounted in the front of the car. (D) Sound that surrounds you while you're in the front seat. 


4) The term "Rear Fill" refers to: 
(A) The area in back of the band. (C) Speakers that "fill-up" the rear deck. 


(B) Sound that arrives behind you at a lower level (D) Sound that plays louder than the front speakers. 
or a delayed time. 


5) Mounting the mid-range and tweeter to the front and close together serves which of the following purposes. 
(A) Masks mid-bass distortion. 
(B) Helps with imaging. 


(C) Adds to front staging. 
(D) BandC 


6) An optimally designed Rockford system consists of what type of staging? 


7) A Rockford four way system consists of what speaker configurations? 


8) Describe each filter characteristic: 
TX124 
TX 188 
MX 124 
MBX 124 


9) An octave is defined as: 
(A) 3dB above all frequencies. (C) Double or halving of a given frequency 
(B) The crossovers roll off rate. (D) A high energy health drink. 


10) Pink noise is defined as: 
(A) A-sound which is flat at all frequencies (C) Asound which contains equal power at all octaves. 
(B) A noise created by a flat speaker. (D) A noise found on Pink Floyd's Dark Side Of The Moon album. 
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Passive Crossovers 


A passive crossover is a circuit employing capacitors and/or coils. Passives are placed on speaker leads between the 
amplifier and the speaker. 


A cap or coil is placed in the speaker's circuit to delegate frequencies in the speaker's optimum performance range. 
The three most commonly used filter networks are highpass, lowpass and bandpass (combination of a capacitor and 


coil). It's important to understand that this reaction of limiting the types of frequency to the speaker is directly dependent 
on the speaker's impedance and component's values. 


Low Pass High Pass 


© 


= 
wits 


Choke (inductor) Capacitor 


Vaan 


_~. Low Pass Curve High Pass Curve 


ft 
ee ee 


6 dB/Octave Low Pass 6 dB/Octave High Pass 
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Passive Crossovers 


CAPACITORS: 


A capacitor is known as a highpass filter, which simply means that at its crossover point (i.e. 5kHz) frequencies 
HIGHER than 5kHz WILL PASS. Frequencies LOWER than 5kHz will gradually become less and less audible. 


A capacitor performs this task by changing its impedance as the frequency of the signal changes. The impedance of 
the capacitor is small at frequencies HIGHER than the crossover point. This is known as the passband range. 
Frequencies BELOW the crossover point will cause the capacitor to have a gradual increase in impedance. 
Consequently, this rise of impedance from the capacitor will cause frequencies BELOW the crossover point to become 
less and less audible. 


A capacitor's value is expressed in farads and when placed in series with a speaker it forms a 6dB per octave high 
pass. 


©@ High Pass C1) 
Smad | 


200 mfd 


6dB/Octave High Pass 


INDUCTORS: 


Inductors, chokes or coils are known as LOW PASS filters. Inductors are electrically opposite to the capacitor, and 
their values are expressed in henrys. Because inductors are low pass devices, frequencies LOWER than the inductor's 
crossover point (i.e. 100HZz) will pass through. Frequencies HIGHER than 100Hz will gradually become less and less 
audible. 


An inductor performs this task by changing its impedance as the frequency of the signal changes. The impedance of 
the inductor is small at frequencies LOWER than the crossover point. This is known as the passband range. 
Frequencies HIGHER than the crossover point will cause the inductor to have a gradual increase in impedance. 
Consequently, this rise of impedance from the inductor will cause frequencies HIGHER than the crossover point to 
become less and less audible. 


When an inductor is placed in series with a speaker, if forms, a 6dB per octave low pass. 


@ Low Pass 


—e ® 


SEY 


Choke (inductor) 6dB/Octave Low Pass 
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Passive Crossovers 


BANDPASS FILTERS: 


A bandpass filter is the combination of highpass and lowpass filters. Bandpass filters assign a specific BAND of 
frequencies to pass through to the speaker. Rockford's most common use of a bandpass filter is in the mid-bass 
frequencies (100 Hz - 275 Hz). 


Configuring such a filter using a capacitor and an inductor is simple. Both devices are placed into series with the 
speaker's voice coil; the capacitor first in line followed by an inductor. (EXAMPLE: bandpass frequencies from 100 Hz- 
275 Hz.) The frequencies entering the bandpass will meet the high pass component. Frequencies HIGHER than 100 
Hz will pass through. The signal will then meet the inductor and roll off frequencies above 275 Hz. This scenario will 
cut off frequencies BELOW 100 Hz and rolloff frequencies ABOVE 275 Hz at a slope of 6 dB per octave. 


+ Speaker 


Capacitor 
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6 dB/Octave Low Pass 6 dB/Octave High Pass 


Table of Component Values 


1000uF 
800nF 
600uF 


PEN MOR 


NL = mata Teta : 
Note: These values are exact for pure resistive loads only. Speakers vary in impedance with frequency and type, 
and will not match these values exactly. 
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Passive Crossovers 


1) Using page 14 calculate each of the speaker's bandwidths. 
2) Arrive at the impedance in each of the bands listed. 


cs. 
past 400 wr =~ 1° Le 75uF I wr ame 9 2.2uF—— A! 
” _ 150uF VA ‘5 Ty 
2.4mH ae 68uH ge? ral 
Z HH = GY 
a(f 
Q| 
off  #(f aff) off af 
a 
g 
4Q [IK 
| 
f rd 
$ ONE CHANNEL SHOWN 
BASS MID BASS MID RANGE _ TREBLE 
20 Hz a9 “a a , Hz 
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Passive Crossovers 


6dB and 12dB Per Octave Filter Sections 


High and low pass filter sections have a cutoff rate that increases as the number of components in the filter increases. 
This means that a complex filter with a number of parts will stop the unwanted frequencies faster than a simple filter. 
The amount of reduction in output is measured in dB per octave. The most common filters used in speaker crossovers 
are 6dB per octave which uses one component per filter. Placing this filter in series with the circuit will reduce power 
to the speaker by 6dB every octave. 12dB per octave crossovers use two components per filter and will have twice 
the reduction of power every octave. Higher order filters, such as 18dB per octave and 24cB per octave, require a large 
component count and may suffer from ringing and phase shift problems if not professionally designed. The illustration 
below shows examples of 6dB and 12dB per octave filter sections. 


Octave 


6 dB/Octave Low Pass 


(20 Hz - 1kHz) 1KHz 2KHz 


Frequency 


Octave 


es I ee 


12 dB/Octave High Pass 500 1KHz 
(1kHz - 20kHz) Frequency 
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Crossovers Slopes 


FREQUENCY (Hertz) 
17.5 35 70 137.5 275 550 1.1K 2.2K 4.4K 


6 db / OCTAVE 12 db / OCTAVE 18 db / OCTAVE 


HIGH PASS FILTER 
6 dB/OCTAVE, 12 dB/OCTAVE, 18 dB/OCTAVE —- CROSSOVER FREQUENCY 275Hz 


FREQUENCY (Hertz) 
275 
2.5 25 50 100 200 400 800 


ae ae ae 

ie es ee 

— t+ aS 
ep fp} ++ AS 
a oe 


N 
\ 


-6 db— 


6 db / OCTAVE 


6 db / OCTAVE 12 db / OCTAVE 18 db / OCTAVE 18 db / OCTAVE 12 db / OCTAVE 


BAND PASS FILTER 
6 dB/OCTAVE, 12 dB/OCTAVE, 18 dB/OCTAVE - CROSSOVER FREQUENCY 100Hz-275Hz 


FREQUENCY (Hertz) 


18 db / OCTAVE 12 db / OCTAVE 6 db / OCTAVE 


LOW PASS FILTER 
6 dB/OCTAVE, 12 dB/OCTAVE, 18 dB/OCTAVE - CROSSOVER FREQUENCY 100Hz 
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12 dB / Octave High and 
Low Pass Filters 


12dB/Octave Low Pass : 12dB/Octave High Pass 


Table of Component Values 


Speaker Impedance 


Frequency 
Hertz 


Note: These values are exact for pure resistive loads only. Speakers vary in impedance with frequency and type, 
and will not match these values exactly. 
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Passive Crossovers 


1) Using pages 14 and 18 calculate each of the speaker's bandwidths. 
2) Arrive at the impedance in each of the bands listed. 


270yF” T)) sour — © ? 100uF 1.SpF 3.3uF 
4.7 mH an ‘ . 68yH 
) f Upiet s ye? .20mH 10mH 
Ps Ig samt? Pn 
a " 
olf} * 4 iq” fet «| 
ONE CHANNEL SHOWN 
Ne ao BSS : 
i= S 
~, BASS _. MID BASS MID RANGE TREBLE 
“$d fe ™, 4° 
20 Hz a 
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Frequency 


1000uF 
800uF 
600uF 


Note: These values are exact for pure resistive loads only. Speakers vary in impedance with frequency and type, 
and will not match these values exactly. 
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Active Crossovers 


An electronic or active crossover is a network designed to operate at line levels. It's placed between the source unit 
and the amplifiers. Active crossovers commonly use an electronic "black box" containing circuitry for frequency 
separation, and requires an electrical power supply. 


A two-way active crossover system will require two power amplifiers, one for each group of frequencies. This is called 
"bi-amplification". (A three-way active crossover would need to be "tri-amplified".) 


Active crossovers separate frequencies with the same high and low pass filter functions as passive crossovers, but 
they are made with an integrated circuit rather than bulky inductors and capacitors. Active crossovers can be much 
smaller and easier to work with. This is where the advantage of an active crossover is greatest. 


Another advantage of a bi-amplified system with an active crossover is that large bass demands will not reduce the 
power available for the mid and high frequencies. A bi-amplified system may sound nearly "CLEAN" even if the low 
bass is clipping heavy, since the high-frequency amplifier can mask the overload. 


The disadvantage of the bi-amplified system is obviously cost. The extra power amplifier doesn't come free, and the 
relatively complex install will add to the cost. A partial solution is an amplifier system with the active crossover and extra 
amplifier built as one unit, such as the POWER 300. 


100Hz and up 


(from head unit) 
AF/2HD Front 


100Hz and down 
summed mono 


l= 


This configuration allows the installer to: 
Wire the system with front stereo and rear bridged 
Other options are: 
Front and rear stereo with different crossover points 
Both channels bridged at different crossover points 
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Active Crossovers 


AF/2HD 


ediiistel POSGGIG. 4 channel amp 


a 
_— 
<l— 
S=S——, a 


(From head unit) 


Rear Front 


This configuration allows the installer to: 
Wire the system front and rear stereo with fade capability 
Wire front and rear stereo, bridged simultaneously 
Wire the system front and rear bridged 
Wire the system front stereo, rear bridged, with fade 


(From head unit) 


Bandpass 


100/275 Hz 


Midbass 


Cascading outputs to inputs to create a band pass crossover. 


(From head unit) 


Low Pass 


100Hz 


24dB 


Low Pass Low Pass 


n n n Woofer 


Cascading from output to input to create 24dB per octave slope. 
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Active Crossovers 


Center Channel 


AF/4HD 
_) 
Front Channel = 
Rear 
Channel = 
(from head 
Sub Bass unit) 


Summed Mono 


This configuration allows the installer to: 
Wire the system for front to rear fade, with constant bass as well as center channel. 
Bass and center channel are summed mono. 

Any other combinations of same: 
AF/4HD may be cascaded for 24dB/Octave slope with special crossover modules. 


Mid & Treble High Pass 
AF/4HD 


il 
i 


Jin 
a a a 
i 


Mid Bass Band Pass 


wh rt wy 


UJEJE St 


e kford fosgate. 4 channel amp 


Low Pass Summed Mono 


(From head unit) 
Single input 


Additional Inputs: 
Rear channel 
Signal processor 1 
Signal processor 2 
(OEQ-1, Epicenter, 


Gavotte, etc.) This configuration allows the installer to: 


Wire the system in a triamplified mode 

using passive crossovers on the tweeters (four-way "System Design") 
Additional inputs (shown) allow the installer to: 

Wire the system front and rear fade with constant bass 

Wire the system front and rear fade with constant bass 

and center channel 
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Passive Crossover Quiz 


Capacitors are rated in microfarads, 
the greater the microfarad value the: 


(A) Higher the crossover point. 
{B) Less chance of phase shift. 


Crey Lower the crossover point. 


(D) Response will be steeper. 


Inductors are rated in millihenrys, 
the greater the millinenry value the: 


(ay Lower the crossover point. 
(B) Higher the crossover point. 
(C) Smoother the response will be. 
(D) Greater the chance of phase shift. 


In a 6dB bandpass crossover the capacitor goes: 


(A)_ After the inductor in series. 

(By? Before the inductor in series. 

(C) Across the positive and negative leads. 
(D) Acapacitor is not required. 


When a capacitor is placed into series with a 
speaker this will create a: 


(A) 6dB/octave bandpass filter. 
(BY 6dB/octave highpass filter. 
(C) 6dB/octave lowpass filter. 
(D) Impedance dip at 8kHz 


6dB lowpass filters always have a: 


((Ay> Inductor in series. 
(B) Capacitor in series. 
(C) Capacitor and coil in series. 
(D) Capacitor and a resistor. 


When building a 12 dB highpass crossover 
what is required? 


(A) Capacitor 
(B) Resistor 
(C)_ Inductor 
c(D)? AandC 
(E) A andB 


When building a 12dB/octave highpass 
crossover the coil goes: 


(A) After the capacitor in series. 
(B) Before the capacitor in parallel. 
(C) Before the capacitor in series. 

((D)> After the capacitor in parallel. 


8) 


9) 


10) 


What are the advantages of using a 12 dB/octave 
highpass crossover? 


(A) Speaker can handle more power at frequencies 
higher than 10kHz. 

(8) Speaker can handle more power in its bandwidth. 

“(C) Speaker will roll off at a higher frequency. 

(D) Speaker impedance will double. 


In the schematic below, what impedance does the amplifier's 
output see per channel at the following frequencies? 


(A) 30Hz_A% 
(B) 2kHz__4 


100uF 


LEFT + + 
4 OHM 
LEFT- — PLATE 


1.6mH 


4 OHM 
WOOFER 


100uF 
+ 

4 OHM 

_ PLATE 


(2 Channels Shown) 
6dB/Octave High and Low Pass Filters 


arnbsq) prqpprok, 


TSX 


RIGHT + 


For the speaker system shown below, what is the impedance 
at the following —. 


(A) ~30Hz 
(B) 100Hz a 
(C) 15kHz ; ane 
aml FN 500uF oh age 
12 Tee tome TWEETER 
S Tl 
eo 
i [| 0) 40H 
0 MIDRANGE 


4 OHM 
WOOFER 


4 OHM 
TWEETER 


(1 Channel Shown, Other Channel Identical) 
6dB/Octave High and Low Pass Filters 
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AMPLIFIERS 


: 


Amplifiers 


In the early seventies, Jim Fosgate studied the acoustical properties of automobiles by using a real time analyzer and 
pink noise. The real time analyzer would graph out the acoustical characteristics of each car he tested. Jim discovered 
three problems that were common to all cars. 


1) A midbass hump between 100-275Hz. 
2) A steep rolloff of high frequencies from 2kHz up to 20kHz. 
3) Reduced bass response below 50Hz. 


He developed an amplifier with built-in equalization to compensate for these problems. There are two controls for this 
equalization. 


1) 45Hz with 0 — +18dB bass boost. 
2) 0 — +12dB boost at 20kHz hinging down to 2kHz. 


20Hz 33 45 67.5 100 250 500 1K 2.5K 5K 10K 20K 


Typical response of a car. 


Punch Equalization incorporates two unique potentiometers that control bass and treble. This patented circuit is 
specially designed to compensate for the response errors present in most car environments. Unlike conventional tone 
controls, Punch equalization corrects the specific problems of poor low bass response and high frequency rolloff. The 
result is full-range sound without excessive boost in areas where it is not needed. 


20Hz 33 45 67.5 100 - 250 1K 2.5K 5K 10K 20K 
+18 
+12 +12 
+8 +8 
+6 
+4 af 
+3 
Odb Odb 
4dB per Octave 
+18dB @ 45Hz +12dB @ 20KHz 
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Amplifiers 


SERIES 1 230sd / 260sd 
PUNCH 30/45/75/150 
Stereo with Bridged Mono Woofer 


The Punch amplifier is capable of driving 2-Ohm, 4-Ohm or 8-Ohm speakers in stereo while running a 4-Ohm or 8- 
Ohm woofer(s) in mono simultaneously. This is done by connecting the orange wire to the speaker's positive terminal 
and the brown wire to its negative terminal of the mono woofer(s) while connecting the stereo satellites normally. This 
bridging can also be used to run a single woofer in a stereo system, to run two bridged amplifiers as a high power stereo 
system, to run one amplifier with a bridged mono woofer and another as a high-frequency stereo amp, and many other 
applications. In any bridged application, DO NOT use speakers with less than 4-Ohms impedance. 


Left 

Mid-Tweeter 
4-Ohm 

(2-Ohm Minimum) 


Mono Woofer 
8-Ohm 
(4-Ohm Minimum) 


Yellow : *100 uF 
| + 
Right 
Mid-Tweeter 
4-Ohm 


(2-Ohm Minimum) 


*For capacitor and inductor values, refer to table of crossover values for other impedances and frequencies. 


CAUTION: When bridging, amplifier will "see" half of the speaker impedance. 


28 > 
ROCKFORD TECHNICAL TRAINING INSTITUTE 


Amplifiers 


Sine—wave 


A sine-wave is a pure tone. of 
Both positive and negative 
are needed to reproduce a 
sound wave. 


(one cycle shown) 


High-Frequency 


The more positive and 
negative impulses per 
second the higher the 
frequency. 


(two cycles shown) 


Clipping 


Clipping an amplifier is a result of pushing the amp beyond its electrical capability to develop voltage at the outputs. 
It will swing as high in voltage as it can, and then square off the top and bottom of the waveform. The high amount of 
distortion in this type of waveform creates tremendous heat, and if allowed to continue, will ultimately burn the voice 
coil of loudspeakers, damage crossovers, and may also blow fuses. 


+ POTENTIAL or "CLIPPING" - AMPLIFIER CANNOT 
FORWARD MOVEMENT OF PRODUCE HIGH VOLTAGE POTENTIAL, 
SPEAKER "CLIPS" ENDS OF SINE WAVE OFF 


- POTENTIAL or 
REARWARD MOVEMENT OF 
SPEAKER 


Sd a 
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Amplifiers | 


Amp and Speaker Fusing 


Rockford amplifiers are supplied with in-line fuses for speaker protection. They are also fully protected internally 
against loading problems. Therefore, external fuses are not required for amplifier protection. However, speakers are 
not normally capable of continuous full-power operation and should be fused to prevent damage due to overheating. 


The amplifiers are provided with type ATC and AGA fuses of the correct value. This fuse value was selected to provide 
adequate protection for most high-power 4-Ohm speakers. If a light-duty speaker is found to blow frequently, a smaller 
fuse may be used for better protection. Always use fast-blow type fuses. Replace only with recommended fuse. 


Unit 


Series 1-230sd 
Series 1-260sd 
Series 1-460sd 
P-30 

P-45 

P-45HD 

P-75 

P-75HD 

P-150 
P-150HD 
P-100 

P-300 

P-650 

P-1000 

PA-1 

PA-1 (Half Din) 
AF/2HD 
AF/4HD 
OEQ-1 


*Circuit Breaker 


Battery Fuse 


AGC 10 Amp 
AGC 20 Amp 
AGC 30 Amp 
AGC 7 Amp 

AGC 12 Amp 
AGC 12 Amp 
AGC 15 Amp 
AGC 15 Amp 
AGC 25 Amp 
AGC 25 Amp 
AGC 15 Amp 
30 Amp C.B.* 
50 Amp C.B.* 
ANL 100 Amp 
AGC 3/4 Amp 
AGC 3/4 Amp 
AGC 1/2 Amp 
AGC 1/2 Amp 
AGC 3/4 Amp 


External fuses 


AGC 3 Amp 
AGC 3 Amp 
AGC 3 Amp 
AGC 3 Amp 
AGC 3 Amp 
AGC 3 Amp 
AGC 5 Amp 
AGC 5 Amp 
AGC 6 Amp 
AGC 6 Amp 
AGC 3 Amp 
AGC 5 Amp 
AGC 6 Amp 
AGC 10 Amp 


Internal Fuses 


ATC 4 Amp 
AGA 5 Amp 
AGA 7 Amp 


ROCKFORD FOSGATE AMPLIFIER 
CURRENT DEMAND 


Typical (average) continuous current demands with musical programs measured just below clipping. 


Punch 30 5 Amps Power 100 15 Amps 
Punch 45 12 Amps Power 300 35 Amps 
Punch 75 15 Amps Power 650 65 Amps 
Punch 150 23 Amps Power 1000 95 Amps 
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Features & Benefits 


SERIES 1 


Made in U.S.A. 


New, innovative SD (sigma drive) 
audio drive circuit uses all N- 
channel V-FETS resulting in low 
noise, low distortion, and high 
efficiency 


2 Ohm stable, at .30% THD 


Real Time Power Protection 
circuitry that constantly calcu- 
lates power while music is playing 


Bridgeable Mono/Stereo simulta- 
neously. Two channels can be 
driven stereo, while simultaneously 
being driven mono into subwoofer 
or woofers 


Gold plated RCA jacks 


Pulse Width Modulated (PWM) 
DC to DC switching Power Supply 


Variable input sensitivity, for maxi- 
mum compatability with source units 


Multiple speaker capability 
Performs at rated power 
Cosmetic end cap for RCA input 


connectors 


Affordability 


THE PUNCH 


Made in U.S.A. 


Hybrid Design made possible the 
industry’s first all N-channel V-FET 
circuitry resulting in low noise, low 
distortion, high efficiency, and high 
power output capability 


2Ohm stable, at.10% THD 


Analog computer protection circuit 
that protects each channel individu- 
ally from abnormal current conditions 


Bridgeable Mono/Stereo simulta- 
neously. Two channels can be 
driven stereo, while simultaneously 
being driven mono into subwoofer 
or woofers 


Gold plated RCA jacks 


Pulse Width Modulation (PWM) 
circuitry to regulate power supply 


Variable input sensitivity, for maxi- 
mum compatability with source units 


Extensive speaker network capability 


Rated power with extended dy- 
namic headroom 


Extended low frequency response 
Quick transient response 


Standard patented “Punch 
Equalization’’* with two rotary 
potentiometers which control bass 
and treble, now with performance 
enhancements achieved by Hybrid 
Design via the Punch Input Module 
“Except Punch 30HD 


POWER SERIES 


Made in U.S.A. 


Complementary Source on Rail 
circuitry uses N & P type V-FETS 
resulting in low distortion, high 
efficiency, and high power output 
capability 


2 Ohm stable, at .10% THD 


Power 1000C utilizes analog 
computer protection circuit that 
protects each channel individually 
from abnormal current conditions 


Bridgeable Mono/Stereo simulta- 
neously. Two channels can be 
driven stereo, while simulta- 
neously being driven mono into 
subwoofer or woofers 


Gold plated RCA jacks 


The Power 300 and Power 
1000C utilize Pulse Width 
Modulation (PWM) circuitry to 
regulate power supply 


Variable input sensitivity for maxi- 
mum compatability with source 
units 


Extensive speaker network 
capability 


Rated power with extended dy- 
namic headroom 


Extended low frequency response 
Quick transient response 

2, 3, or 4 channel operation 

Fan cooled, except Power 100HD 


Power 1000C features chrome 
shroud and power LED 


Power 300 and Power 650 have 
variable internal crossover 


Power 300 incorporates "Punch 
Equalization" with two rotary pot- 
entiometers which control bass 
and treble 
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SERIES 1 


230sd: 

15 watts x 2 into 4 Ohms at .08% THD 
30watts x 2 into 2 Ohms at .30% THD 
60 watts Bridged into 4 Ohms 


260sd: 

30 watts x 2 into 4 Ohms at .08% THD 
60 watts x 2 into 2 Ohms at .30% THD 
120 watts Bridged into 4 Ohms 


460sd: 

30 watts x 4 into 4 Ohms at .08% THD 
60 watts x 4 into 2 Ohms at .30% THD 
120 watts x 2 Bridged into 4 Ohms 


Amplifiers 


Punch 30HD: 

15 watts x 2 into 4 Ohms at .05% THD 
25 watts x 2 into 2 Ohms at .10% THD 
50 watts bridged into 4 Ohms. 


Punch 45HD: 

22.5 watts x 2 into 4 Ohms at .05% THD 
35 watts x 2 into 2 Ohms at .10% THD 
70 watts bridged into 4 Ohms 


Punch 75HD: 

37.5 watts x 2 into 4 Ohms at .05% THD 
60 watts x 2 into 2 Ohms at .10% THD 
120 watts bridged into 4 Ohms 


Punch 150HD: 

75 watts x 2 into 4 Ohms at .05% THD 
90 watts x 2 into 2 Ohms at .10% THD 
180 watts bridged into 4 Ohms 


Power 100HD: 

15 watts x 4 into 4 Ohms at .05% THD 
25 watts x 4 into 2 Ohms at .10% THD 
50 watts x 2 bridged into 4 Ohms 


Power 300: 

50 watts x 4 into 4 Ohms at .05% THD 
75 watts x 4 into 2 Ohms at .10% THD 
150 watts x 2 bridged into 4 Ohms 


Power 650: 

125 watts x 4 into 4 Ohms at .05% THD 
162.5 watts x 4 into 2 Ohms at .10%THD 
325 watts x 2 bridged into 4 Ohms 


Power 1000C: 

150 watts x 4 into 4 Ohms at .05% THD 
250 watts x 4 into 2 Ohms at .10% THD 
500 watts x 2 bridged into 4 Ohms 


Below are examples of amplifiers tested on the Audiograph Machine. The Audiograph will show the drive capability 
of an amplifier into different impedances. The examples show that Punch and Power amplifiers provide extended 
power or headroom over their rated specifications. This is proof that with the Punch and Power amps, the buyer gets 
much more than he pays for. 


EXAMPLES OF AUDIOGRAPH TEST RESULTS 


SERIES 1 


Punch 45HD: 
Rated Power: 
35 watts x 2 into 2 Ohms at .10% THD 


Power 650: 
Rated Power: 
162.5 watts x 4 into 2 Ohms at .10% THD 


230sd: 
Rated Power: 
30 watts x 2 into 2 Ohms at .30% THD 


Typical Power: 
67 watts x 2 into 2 Ohms at .10% THD 


Typical Power: 
361 watts x 4 into 2 Ohms at .10% THD 


Typical Power: 
30 watts x 2 into 2 Ohms at .30% THD 


The Punch amplifiers on average produce 
91% more power (extended headroom) 
than their rated specification 


The Power amplifiers on average produce 
190% more power (extended. headroom) 
than their rated specification 


Series 1 amplifiers perform at their 
rated power 


WHAT TYPE OF CUSTOMER WILL BUY A SERIES 1, PUNCH OR POWER AMPLIFIER? 


THE PUNCH 


A knowledgeable buyer that is willing to 
spend more money for extended dynamic 
headroom, Punch equalization and en- 
hanced sound quality will buy The Punch. 


This buyer wants Rockford Fosgate per- 
formance at an affordable price. Possi- 
bly a first time buyer. 


This person could be thought of as the 
“lunatic fringe", and sets no limit on his 
expectations ("Too muchis just right!) This 
buyer has little or no budget constraints. 
He wants two, three or four channel opera- 
tion with extended dynamic headroom, 
and enhanced sound quality. This person 
is willing to address the electrical system in 
the car (i.e. add a high current alternator) 
to achieve maximum performance. 
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Amplifiers 


Hybrid Design 


In our continuing effort to increase quality and reliability, Rockford engineers, through much research, discovered 
Hybridization. Hybridization is a process which combines different types of manufacturing techniques performed on 
a Ceramic Oxide Substrate. 


There are many processes that can be performed on Ceramic Oxide Substrates. A few of these are Thick Film Resistor 
(TFR) Technology, Silicon Chip and Wire Bonding, Surface Mount part placement (SMD), and Multilayer Circuitry. At 
Rockford Fosgate we are using the Surface Mount (SMD) and Thick Film Technology (TFR), and Multilayer Circuitry 
processes on the Ceramic Substrates. 


You may wonder what benefits will be received by using the Hybridization process. There are a number of advantages 
and the following list shows some of the most important benefits received from using this new technology. 


No Solder Joints 
In all audio products, resistors make up a large part of the circuitry. In an audio amplifier, resistors can make up 80% 
of the total part count. With Through Hole and Surface Mount Chip technology, the reliability and quality of solder joints 
become a major factor. In Thick Film Technology there are no solder joints which eliminates the chance of poor solder 
joints and intermittence. 


Reduced Noise and Cross Talk 
With more space on the board we are able to increase trace widths and ground planes to reduce noise and cross talk. 


Enhances Audio Performance Specs 
With the use of thick film technology, resistor Temperature Coefficient of Resistance (TCR) can be traced from 10 to 
15 parts per million (PPM). In audio circuitry there are a number of resistors as well as the very important resistor ratios 
in amplifier gain stages. Therefore, with such a low TCR spec the audio performance in amplifiers and other units will 
be enhanced in all temperature conditions. In Through-Hole and SMD processes, this type of performance is not 
possible to achieve. 


Resistors trimmed to better tolerance 
Resistors can be trimmed to almost 0% tolerance which means better specs. 


Active Trimming 
The hybrid process enables active trimming on resistor and capacitor components. This means active trimming on our 
bias adjustment on amplifiers, which means better specs. 


Also, this process can be applied to transistor switching speeds, to reduce turn-on and turn-off pop. 


Low Resistance on Circuit Traces 
The circuit traces on the hybrid are made of Platinum Silver, therefore, in conjunction with the shorter traces and the 
use of almost pure silver traces, there are no power losses. 


Excellent Thermal Conductance 
Ceramic is an excellent heat sink. With the use of many resistors this is again a superior advantage to heat transfer 
and resistor tracking. 


Serviceability 
In the rare chance a Rockford Fosgate amplifier is returned for service, the use of the Ceramic Substrate modules will 
facilitate quick service and return to the customer. 


In summary, the use of Hybridization will enhance the quality and reliability of Rockford Fosgate products. 
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Amplifiers 


Punch 45/75/150HD MOSFET Amplifiers 


In an effort to establish audio consistency and performance specs in the Punch series amplifiers, Rockford's 
Engineering Staff developed circuity that can be used at all amplifier power levels. With the development of Hybrid 
circuity, we were able to take our best circuits and implement them into a series of modules that will be used throughout 
the entire Punch product line. In the future, these modules may be used in other products, both in the car and home. 


The HD MOSFET amplifiers consist of 6 modules and other through hole components that make up this unique new 
product. The units will have one Punch Input Module (PIM), two N-channel Output Modules (NOM), two Power 
Protection Modules (PPM), and one Power Supply Module (PSM). 


Punch Input Module (PIM) 
The Punch Input Module (PIM) is the standard patented circuitry previously used in our present Punch line amplifiers. 
Its new benefit is the performance enhancements achieved by Hybrid Designed (HD) circuitry. For a full explanation 
of the advantages of Hybrid Technology, see the White paper on Hybrid. 


N-Channel Output Module (NOM) 

The N-channel Output Module (NOM) was built in order to improve the inadequacies of complimentary N and P channel 
type output devices (Patent Pending). The objective was to overcome the problems of the performance and availability 
of high power P-type devices, and to take advantage of high quality, easily accessible N-type devices. It is very difficult 
to obtain P-channel MOSFET devices which exceed 200 volts. N-Channel devices are widely available with voltage 
ratings that exceed 1000 volts. The NOM module performs in all power classes, from low to high, equivalent or better 
than a complimentary N and P channel type output stage. In combination with HD process the audio performance of 
this output circuit will be in a class by itself. 


Power Protect Module (PPM) 

High powered audio amplifiers must always address the problem of power device reliability. In particular, load fault 
conditions (for instance a shorted speaker load) can easily destroy an amplifier that is not carefully designed. The 
available high voltage and current levels of the power supply may produce several kilowatts of short-term power in 
a fault condition. The power level can destroy output devices in a few micro-seconds. Lateral MOSFETS, Current 
Limiting, and the use of excessive power supply devices to protect amplifier fault conditions are solutions to this 
problem. However, all of these processes can either inhibit amplifier performance or increase dealer and consumer 
pricing. 


Rockford Fosgate's answer to this problem is the new Power Protect Module (PPM). Because of the complexity (it's 
literally an analog computer) and number of components, initially we were only able to implement this circuit in the 


Power 1000 and the RF 2000 home amp. With the use of HD, Rockford is now able to incorporate this remarkable 


innovative circuit into the new Punch product line. 


The PPM module protects the amplifier by modeling the output device voltages and current inputs, thus obtaining 
approximate instantaneous power. The instantaneous power output is applied to the electronic approximation to 
device thermal time constants. If the resulting modeled junction temperature exceeds a threshold, the output power 
semi-conductor device gate is pulled down. So, in other words, at excessive speaker load conditions, the drive is pulled 
from the power output devices in real time. 


Power Supply Module (PSM) 
The Power Supply Module (PSM) is an adaptation of a circuit originally conceived in the Power 300. (This circuitry is 
now widely used in many manufacturers’ amplifiers). The PSM module overcomes the inefficiency in self-oscillating 
power supplies over 100 watts in power. It also uses new circuitry that protects conditions such as over-voltage, under- 
voltage, turn on/off pop, and overheating conditions. With the combination of HD processes, this new module will be 
highly reliable and accurate in all performance conditions. The PSM module has the intelligence to adapt to all Punch 
series power requirements just by adding high quality N-Channel MOSFETS. 
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LOUDSPEAKER 
ENGCLOSURES 


HM] \X 


Infinite Baffle 


Vented 
Compound 


Series 


3 Chambered 
6th Order 


g 
Q 
4 
Sealed 
al 
(ee 
Compound 
(push-pull) 


4th Order 
Bandpass 


UT \\\W. 


Vented 


Vented 
Isobaric 


U7) \\\ 


6th Order 
Bandpass 


Isobaric 
6th Order Bandpass 


= 


Transmission 
Line 


Compound 
6th Order Bandpass 


Sealed 
Chamber 


Folded Horn 
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Infinite Baffle Mounting 


Infinite baffle mounting describes an installation where the enclosure size is too large to be a benefit to the speaker, 
other than restricting the rear wave from meeting the front wave. A typical autosound infinite baffle installation mounts 
the woofer(s) on the package deck via a baffle board, with the trunk as the only enclosure. 


If a baffle board installation can be done, it is probably the simplest way to use big woofers. Performance is good, and 
no box needs to be constructed. The main point to keep in mind in an infinite baffle installation is that the back of the 
speaker MUST be well sealed from the front. Any path that lets the sound from the trunk area enter the listening area 
will reduce the bass output dramatically. 


Use infinite baffle mounting when: 
1. Speaker can handle it power-wise. 
2. There is a trunk and a large enough package tray. 
3. Customer is not willing to pay for an enclosure. 


Rear Deck 
(cut flat metal surface only) 


offset baffle 
use 3/4 inch 


medium density 
fiberboard 


BASS VENT 
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Speaker Enclosures 


ENCLOSURE DESIGN 

An advantage of an enclosure is that the performance of the system can be predicted using available charts and 
programs. The primary disadvantage is the lack of room in most cars for the proper size enclosure. With limited space, 
most autosound enclosures are really too small for the woofer. If an enclosure is used, a choice must be made between 
a sealed design and a ported design. Both approaches have advantages and disadvantages. 


SEALED BOX DESIGN 

Sealed boxes are easy to design and build, have good power handling at all frequencies, and frequency response that 
extends very low. Bass response is less sensitive to speaker variations. Unfortunately, undersized sealed boxes choke 
off low frequency response and need lots of amplifier power and equalization for solid bass reproduction. 


In general, sealed box responses follow a continuous trend from infinite baffle to the smallest that will hold the speaker. 
As the box gets smaller, the very low frequencies are attenuated, middle bass frequencies increase, and high 


frequencies are unchanged. Maximum power output is unchanged at all frequencies, but more power is needed for 
low frequencies as box size goes down. 


(C 
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Speaker Enclosures 


PORTED BOX DESIGN 

Ported boxes offer improved output and power handling near the port frequency, at the expense of reduced output 
and power handling below the port frequency. Ported boxes are more difficult to design and build, but properly 
constructed will maximize the woofers capability. 


In working with enclosure designs for autosound installations it's important to distinguish between optimum and 
practical enclosures. For each woofer there is an ideal box volume and tuning for a given response. In reality, the 
installation will likely determine the box size more than the properties of the speaker. The speakers can still work well 
in a non-optimum box, but the port area and length may produce some restrictions. 


HOW PORTS WORK 

Ports operate by taking over the work of moving air from the speaker cone at the port's tuned frequency. The mass 
of the air in the port and the springiness of the air in the enclosure combine to form a resonant mechanical system, 
like a tuning fork or a pendulum. At or near the resonant frequency, a small motion of the speaker cone causes a large 
air flow in the port. 
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.*Note: Port too small - would be noisy 


SPP—124 in 1.5 Cubic Foot 


Examples of Porting Benefits 


SPP—124 in 1 Cubic Foot 
Volume: ae ye a 


1.0 Cubic Feet PORT | 
28 Liters + 8 : te 
1728 Cubic Inches ~y PML ET oT ETT 
: sce a MEDILL 
40-Hz Port (Inches) apes 
Diameter Area Length 
*2.0 3.14 3.5 
3.0 7.07 10 
4.0 12.60 18 


Volume: 

1.5 Cubic Feet 

42 Liters 

2592 Cubic Inches 


40-Hz Port (Inches) 


Diameter Area Length 

*2.0 3.14 2.5 
3.0 7.07 6.5 
4.0 12.60 12.5 


*Note: Port too small - would be noisy 
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Porting 


Calculating Box Volume 


In designing speaker enclosures, you will be figuring box volumes over and over. Here are some formulas that should 


be helpful. 


Formulas for Area 


m 4 


RECTANGLE 
= Length x Width 


Radius 
o> 


RIGHT TRIANGLE CIRCLE 
= 1/2 Length x Width 


= 3.14 x Radius x Radius 
= .785 x Diameter x Diameter 


Formulas for Volume 


RECTANGULAR BOX 
= Area (of one side) x Depth 


RIGHT TRIANGULAR 
ENCLOSURE 


CYLINDER 


= Area (circle) x Length 


= Area (triangle) x Depth 


1728 cubic inches = 1 cubic foot 
28 liters = 1 cubic foot 


Measurements for box volume calculation should al- 
ways be for the INSIDE of the box. If the box is irregular, 
and most are, break the interior into a collection of 
regular shapes, calculate the volume for each shape, 
and add them together. For instance, a box with a 
slanting front and the other sides at right angles could 
be calculated by adding the volume of the rectangular 
part to the volume of the triangular part. 


It is often easiest to do the volume measurements and 
calculation in cubic inches and then convert to cubic 
feet for the charts. 


Don't forget to subtract the volume of the woofer and 
any port tubes, internal braces, etc., from the box 
volume. Remember the adage, calculate twice, cut 
once. 
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Driver Mounting Volumes 


This data sheet was prepared to provide the volume that a specific driver will occupy when placed in an 
enclosure. When designing for V(b), subtract the driver volume (either inside mounted or outside mounted) 
from the enclosure volume to obtain the actual V(b) available. 


INSIDE BOX OUTSIDE BOX 


PRO SERIES | Cubic Inches| Cubic Feet Cubic Inches| Cubic Feet 
SPP-84/88 141.9 0.082 
SPP-104/108 252.9 0.146 


SPP-124/128 455.8 0.264 
SPP-154/158 719.4 0.416 
SPP-184/188 1095.5 


PUNCH SERIESj Cubic Inches | Cubic Feet Liters 


SP-84/88 99.8 0.058 


SP-104/108 242.1 0.140 


Cubic Inches | Cubic Feet Liters 
1.636 


76.4 
3.967 201.8 
5.328 273.5 


1.253 


SP-412/812 325.1 0.188 


SP-415/815 


SP-418/818 


SERIES ONE | Cubic Inches 
SPPR-84/88 


SPPR-104/108 


0.050 1.424 


| 1.42e | 
SPPR-124/128 200.3 : 
359.4 


SPPR-184/188 794.5 0.460 13.020 638.6 0.370 10.466 
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Nomogram 


20 Volume of Box Frequency 
in Cubic Feet of Box 
15 
10 10 
7 
5 20 
4 
30 
3 
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15 70 
1 100 
< 150 
6 
5 200 
_ 


6 20 25 31.6 Inches 


Length of Port 


Using the Port Tuning Nomogram 


Use this chart by drawing a line connecting the box 
volume and the desired port frequency, and extending 
itthrough the third vertical column, labeled Lv/Sv. From 
the third vertical column, draw a horizontal line across 
the page. The curved lines that your horizontal line 
intersects indicate the diameter of ports that can be 
used (in inches and centimeters). 


40 


Areas are given at the margin for use with rectangular 
ports. To get the port length, draw a vertical line from 
the place your horizontal line intersects the curved line 
for the diameter, to the bottom of the chart where the 
length is shown. Add 10% to the port length the chart 
gives. Boxes always act smaller than their measured 
volume would indicate. 
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Verify Tuned Frequency 


Once you have constructed your enclosure it is critical 
that you verify the actual tuned frequency of the box. 
Using the nomogram, or a computer program to 
calculate the box volume and port ratios will not 
guarantee exact results. 


There are two methods commonly used to verify tun- 
ing. The visual method is fast and will work fine with 
most enclosures. This method requires an amplifier 
and sine wave generator. 


Connect the sine wave generator to the input of the 
amplifier and the amplifier's output to your speaker 
enclosure. Set the volume so that you can see the 
excursion of the speaker (90-100dB). Adjust your sine 
wave generator frequency to 80 Hz and slowly begin to 


RESISTOR 


sweep down in frequency. Watching the speaker cone 
you will notice a null point, or the point where the 
speaker's excursion seems to stop. At this point the air 
flow from the port will be at its maximum velocity. This 
is your tuned frequency. 


The second method requires the addition of an AC volt 
meter and a resistor (5 ohm 10 watt). Wire the resistor 
in series with the speaker's voice coil and measure the 
AC voltage across the resistor. Adjust the volume until 
the VOM meter reads about 1-2 volts. Slowly begin to 
sweep down in frequency watching for a peak in the 
voltage. The point where voltage is at a maximum is 
your tuned frequency. In a 6th order band pass enclo- 
sure you will have 2 peaks in the voltage, representing 
the two ports tuned at different frequencies. 
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Loudspeaker Enclosures Quiz 


1) You should use an infinite baffle woofer mounting only when: 
(A) The speaker can handle it power wise. 
(B) Customer is not willing to pay for an enclosure. 
(C) The trunk and package tray are large enough. 
(D) All of the above. 


2) The term infinite baffle describes: 
(A) A ported enclosure. 
(B) The woofer is mounted with no enclosure behind it. 
(C) The woofer is mounted into an enclosure with passive radiator. 
(D) AandC 


3) Asealed box would be a better choice over a ported enclosure when: 
(A) You need more sound pressure level. 
(B) You are ina hurry. 
(C) Box volume is too small to achieve proper port to enclosure ratios. 
(D) You need more power handling. 


AAAARARARFRAAAARA 


4) Undersized sealed boxes choke off low frequency response and requires which of the following for 
solid bass reproduction: 
(A) Fill box with damping material (fiberglass or dacron) 
(B) Lots of amplifier power and equalization. 
(C) Add a 4.2 inch diameter port 
(D) AandB 


5) You should port an enclosure when: 
(A) You need more sound pressure level. 
(B) The vehicle resonates at high volumes. 
(C) Youcan achieve proper port to enclosure ratios without adding noise. 
(D) The box is too small for the woofer. 


6) Atthe tuned frequency of the port, what happens? 
(A) Woofer loses control. 
(B) Bass frequencies are out of phase. 
(C) Woofer slows to almost no movement and output increases. 
(D) You get better FM reception. 


7) As you increase your port area what happens? 
(A) Port length gets shorter. 
(B) Port length gets longer. 
(C) Port length stays the same. 
(D) Tape head response gets better. 


8) What is the formula for area (circle)? 


9) Using the nomogram, what is the length of the port you will need when tuning a 4 cubic foot box to 35 Hz, with a 4 inch 


diameter port? 


10) Using the nomogram, what is the length of each of the ports you will need when tuning a 2 cubic foot box to 40 Hz, with 


FOUR 2 inch diameter ports? 
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Engineering Notes 


Phase Shift and Cancellation 


The filter sections used in crossovers (both active and passive) change the phase of the input signal as well as the 
amplitude. In effect, phase shift moves the output forward or backward compared to the input. Phase shifting is 
measured in degrees. One full cycle is 360°, so if the output signal moves back 1/4 cycle, the phase shift is 1/4 of 360°, 
or -90°. 


Input (two cycles) 


I 
1 
~< I < 
90° phase lead fA + moved ahead 1/4 cycle 
! 


—-_ 1 _ 
90° phase lag ee ae moved back 1/4 cycle 
i] 


90° Phase Lead and Lag 


The phase shift of various filters at their cutoff frequencies is given below. The filters shown are Butterworth filters. 
These filters have the flattest possible amplitude response in their passband. 


High-Pass Low-Pass 
6 dB/Octave +45° -45° 
12 dB/Octave +90° -90° 
18 dB/Octave +135° -135° 
24 dB/Octave +180° -180° 


Phase Shift at Cutoff: Butterworth Filters 


Cancellationis what happens when one speaker is pushing while the other is pulling. Instead of putting out sound 
into the environment, the speakers just swap air back and forth. (This is what happens when stereo speakers are 
hooked up out of phase). 


The phase shift of crossover filters can cause cancellation. The drawing of the 90° leading and lagging waveforms 
above shows that the leading wave is negative when the lagging wave is positive. If each output went to a speaker, 
the speakers would be out of phase and cancellation would occur. (Fig. 1.0) 


The Phase Shift at Cutoff table shows that 12dB/Octave filters have +90° and -90° phase shifts at cutoff, and therefore 
they will produce cancellation unless something is done. None of the other filters has this characteristic. 
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12dB/Octave Sine-Wave 12dB/Octave 
High Pass Low Pass 
90° Lead 90° Lag 


Phase Shift 
180° (cancellation) 


Avoiding Cancellation 

When a high and low-pass of 12dB/Octave filters is used, cancellation can be avoided by one simple step: 

- Reverse the woofer phase by reversing the wiring to the + and - terminals. 

Reversing the woofers has the effect of putting the woofer and midrange back in phase at the crossover frequency 
to compensate for the crossover's phase reversal. The Rockford-Fosgate Power 300 uses a 12dB/Octave active 


crossover and can be wired to use this reversal technique - just follow the directions. 


On speaker systems where the woofer and midrange speakers are separated by more than a couple of feet, the travel 
’ time of sound through air can produce a phase lag leading to cancellation. For this reason: 


- On any installation (even with other than 12dB crossovers), try reversing both woofer phases. In some cases bass 
will be much tighter with woofers reversed. 


These considerations also apply to the midrange-to-tweeter crossovers, although usually the problems introduced are 
less audible. The cure is the same, but applied to the tweeter: 


- Reverse the tweeter phase by reversing the + and - terminals. 
In general, the acoustics of cars and the variations of speaker placement can produce a variety of unexpected 


cancellations. Where possible, experiment with speaker phase by comparing the sound of the system with in-phase 
and reversed phase locating the smoothest-sounding connection. 
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Engineering Notes 


L PADS 


L pads circuits are used to passively lower an amplifier's power to a speaker (rear speakers or center channel). This 
circuit consists of a combination of resistors, that, when placed in line with the speaker, will attenuate the output of the 
amplifier. 


In Rockford's system design, speakers are mounted in the rear of the vehicle to simulate ambiance. Often rear 
mounting locations will not allow speakers to be far enough away from the listener; creating too much balance of sound 
between the front and rear. 


When using a center channel it is important that the operating level is lower than the rest of the system. If the center 
channel plays at the same or higher volume it will collapse stereo imaging. 


In situations using a -3dB L pad, the amplifier will deliver half the power to the speaker. If a -6dB L pad were used, twice 
the reduction of power would occur. For example, if the speaker was receiving 25 watts from the amplifier; utilizing 
a -3dB L pad would reduce the power to 12.5 watts or 6.25 watts with a -6dB L pad. 


The values shown below are appropriate for P30, P45 and P75. The wattage rating should be doubled for P150 and 
larger and doubled again for P650. 


-3 dB PARTS LIST 


 P30/P45 / P75 


1Ohm_— 10 Watt 10Ohm = 20 Watt 1Ohm 40 Watt 
.22 Ohm 2 Watt .22 Ohm 5 Watt .22 Ohm 10 Watt 
10 Ohm 10 Watt 100Ohm = 20 Watt 100hm 40 Watt 


-6 dB PARTS LIST 
- pas/P75 


50Ohm 10 Watt 50hm 20 Watt 50Ohm = 40 Watt 


50Ohm 10 Watt 5Ohm~ 20 Watt 5Ohm 40 Watt 
10 Ohm 10 Watt 100hm 20 Watt 100hm = 40 Watt 


To achieve the high wattage resistors it may be necessary to series/parallel resistors. If any of the resistors fail 
under hard use, a higher wattage resistor will be required. 


CAUTION! 


These resistors can get very hot when playing, so be sure that they are not resting against carpet, wood or plastic. 
If L pad circuits are not properly mounted they will damage the material and may start a fire! 
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1-Ohm .22-Ohm 
10-Watt 2-Waitt 


4 Ohm 
-3dB Speaker 
and 
Crossover 
4 Ohm 
10-Ohm Speaker 
10-Wait and 
Crossover 
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5-Ohm 


10-Watt 
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ROCKFORD-FOSGATE 
PRO SERIES WOOFERS 


DESIGN OBJECTIVES 


Rockford Corporation builds some very powerful autosound amplifiers, and many of our customers build systems that 
use all of the available power. Very few speakers are built that will withstand heavy use with over 400 watts input, and 
of those that will, even fewer have 4 Ohm voice coils. (A 4 Ohm voice coil impedance is needed to get maximum 
performance from most autosound amplifiers.) When we decided to build the PRO woofers, the following goals were 
desired: 


Amplifier maximum power (music power); 500 watts 

High bass output; over 115 db (1 meter) at 40 Hertz 

Low distortion at high power 

Effective in the widest possible range of box sizes — infinite-baffle 
to the smallest possible sealed boxes. 


PONS 


It was clear after some research that conventional speaker construction techniques would not meet these objectives 
at any reasonable expense. Research was needed to find techniques that would satisfy our goals. 


LOW-FREQUENCY ANALYSIS COMPUTER PROGRAM 


While there is a great deal of technical literature describing the small-signal performance of low-frequency 
loudspeakers and enclosures (the important work by Theile and Small in the late 1970's has become standard in the 
field), the large-signal behavior of woofers has not been explored to nearly this extent in published references. The 
existence of a number of good high-power woofers, especially in professional performance oriented systems, proves 
that some manufacturers know adequate techniques, but they are rarely discussed in the available literature. 


In order to avoid some of the expense and time involved in trying out each combination of methods and ideas for woofer 
design, we wrote a computer program to simulate the motion of the cone of a woofer in response to electrical drive. 
The development of the program required many man hours of programming time, and will probably never be 
completely finished - there is always an improvement or an additional function to be added - but it became useful 
enough to show us some surprising aspects of woofer behavior, which we have duplicated with experimental speakers. 


A real woofer in a high-performance system spends very little of its time in the linear region described by small-signal 
analysis. The things that happen when the excursion of the woofer nears the limits of the suspension systems are what 
primarily control the speaker's performance. 


The analysis program showed us the existence and some for the reasons of several problems that woofers may exhibit 
in high power, high-excursion use, aside from simply burning up or breaking. 
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Perhaps the most surprising phenomenon is a behavior we call "pump-out". The woofer responds to a combination 
of the characteristics of its motor and suspension by pumping itself away from the centered position even though the 
input signal is normal. In effect, the woofer acts as though there were a substantial, varying DC component in the input 
signal. The performance of a woofer is greatly reduced when it is pumping out, since the remaining excursion for 
responding to additional input has been used up. In extreme cases, the voice coil may move so far out of the gap in 
the drive system that it can't respond to additional inputs. 


The behavior of a speaker as it reaches its suspension limits has also been clarified by the analysis program. When 
a relatively small speaker (15 inch speakers are relatively small at 400 watts) is pushed by big power, it has to limit 
its mechanical motion in some way. Providing enough excursion for a 12 inch speaker to fully reproduce 20 Hertz 
signals at 400 watts input would require several inches of cone travel capacity! It is therefore crucial that high- 
performance woofers limit excursion smoothly and safely, with as little distortion as possible. 


The low-frequency analysis program has also allowed us to investigate various methods of dealing with these 
problems with a minimum waste of money and time. The PRO woofers employ design changes and innovations that 
cope with high-performance woofer problems. 


MECHANICAL RUGGEDNESS 


All design tricks notwithstanding, a speaker operating at over 400 watts input must be beefy enough to handle the 
power and heat. Most of the expense involved in producing a high-power speaker comes from the simple mechanical 
requirements for long-term reliability. The cones of the PRO woofers are made of the hardest available grade of cone 
paper, almost 1/8 inch thick, and have a baked-in weatherproof coating on the front of the cone which also adds 
strength. The pressed-metal baskets are two gauges thicker than on our standard speaker, to support the heavy 
magnet structure. 


VOICE COIL CONSTRUCTION 


The speaker's voice coil must absorb and dissipate almost all of the input power. On the 12, 15 and 18 inch woofers, 
a3 inch voice coil is used. The PRO woofers are using the thickest available grade of aluminum voice coil former to 
increase heat conduction away from the voice coil. The voice coil former is black anodized, which improves its heat 
radiation capacity. In addition, the voice coil carries the braking rings. 


DAMPING RINGS 


The most unusual feature of this woofer's design is the magnetic braking system built into the voice coil. When we 
investigated the action of a woofer at very large excursions, we found that mechanical limiting of the travel by the 
surround or the spider produced problems. If the surround is allowed to limit the travel, it produces a very high level 
of high-order distortion products. The surround stops the cone very sharply, with a sound almost like bottoming on 
metal. A carefully designed spider with a controlled, progressive increase of stiffness with greater excursion produces 
much less distortion. Unfortunately, spider materials fatigue with time and hard use, eventually loosening up enough 
to allow the speaker to hit something. And the distortion at maximum excursion is still quite high. 
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Our solution was to wind magnetic braking coils, called damping rings, at each end of the voice coil, but in reverse. 
When the speaker approaches the limit of its excursion, the rings enter this magnetic field. Because they are the same 
polarity as the magnetic field they are entering, it causes the speaker to begin a braking motion before it reaches the 
limit of its excursion. 


Since the braking action is electrical, not mechanical, it can't fatigue or change characteristics as the spider will. In fact, 
the damping rings considerably reduce fatigue in the suspension by reducing stresses. The gentle, progressive 
braking of the rings reduces the distortion at high power levels to the lowest we have seen. And by controlling the 
motions of the cone at large excursion, the rings reduce the speaker's tendency to pump out of the gap. The only 
disadvantage we have seen (aside from the extra cost) is that the rings need a longer voice coil, and that requires some 
more room in the rest of the speaker assembly. 


SUSPENSION DESIGN 


In order to get the high output levels we needed, the speakers had to have a lot of room to move. We settled on a 
surround with about 3 centimeters (1.2 inches) of peak-to-peak excursion, and designed the rest of the suspension 
to allow full use of this capacity. 


The need for extended excursion required an expensive addition; a second magnet was needed to provide more space 
for the voice coil. (Machining or stamping that 1/2 inch steel and plates would have been even more expensive as well.) 


The spider is a type with a progressive increase in stiffness with increased excursion. This characteristic provides 
better control at the excursion extremes, and combined with the damping rings produces low distortion high-power 
performance. 
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INTRODUCTION 


The following information details the characteristics of each series of Rockford Fosgate drivers. 


The three Fosgate lines share common ground in the "Family Look" created by the use of clear/grey non-tacking latex 
cone body treatments. These coatings not only offer additional environmental and cosmetic advantages, but they tend 
to smooth out the driver's frequency response in the high end roll off region. 


Mostall of the models fall in the "target" range of Thiele-Small parameters that make them well suited for use ina variety 
of small vented box enclosures or infinite baffle configurations. 


As you look at the three Fosgate lines as they exist today there is a logical progression of cost versus performance 
as you move from the Pro, Punch, to Series One. 


Rockford Fosgate 
Pro Series Woofers 


A) _ The largest magnet weight and voice coil diameters of the Fosgate line. Another feature is the upper 
and lower shorted windings (damping rings) that limit extreme and damaging coil excursion. Cost was 
not a factor on the overall design of the pro line. 


B) The oversized pro voice coils are wound on 5 mil black anodized aluminum formers. This allows for 
greater thermal transfer of heat from the voice coil circuit to the pole piece. 


C) The vented pole piece allows for a constant flow of air to reduce coil overheating. It will also minimize 
the "air rush" exhaust noise that occurs when air is otherwise trapped below a solid dustcap. 


D) The flat spider suspensions were specially designed and tooled with a proprietary oversized neck. 
This will allow for improved bonding of the voice coil to the spider. 


E) Heavy/felted dustcaps prevent collapsing due to the effects of high pressure coupling of this line of 
drivers into extremely small enclosures. 


F) The use of NON-STANDARD 16 gauge steel in the baskets of the 12 and 15 inch pro. 


G) The fieldplate and baseplate are machined for critical flatness versus the more traditional and 
economical stamped plate format. 


H) Voice coil components that utilize Hi temperature thermostat adhesives and are baked at 350° F 
for one hour. The adhesive that bonds the coil to spider to cone is an air drying two part epoxy. 


1) — All cone assemblies call for a heavier than normal felted, hard paper stock that are dipped in an OEM 
automotive grade waterproofing solution. These cones have edges that use two layers of foam that are 
laminated together for an additional increase in stiffness. This will help control voice coil excursion 
under high input powers. 
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The flex leads which are heavier than normal utilize 21 strands of silver plated cadmium bronze tinsel 
wire wrapped around a nomex core. This combination results in a part which exhibits a lower DC 
resistance per foot to eliminate lead charging and greater flexural and tensile strength. 


The basket and fieldplate assembly is finished in a black epoxy based paint. This method has a 
greater resistance to corrosion and a better consistency in cosmetics versus most bright zinc or 
black dichromate plated finishes. 


All die-cut chipboard front gaskets are dipped in OEM automotive grade waterproofing. This will 
minimize shrinking or physical distortion of the part during the life of the product. 


Rockford Fosgate 
Punch Series Woofers 


Uses larger magnet weights and voice coil diameters that fall between the Series One and the Pro lines. 
All two inch diameter coils are wound on a 5 mil black anodized aluminum formers. This allows for 
greater thermal transfer of heat from voice coil circuit to pole piece. 


The vented pole piece allows for a constant flow of air to reduce coil overheating and to minimize the 
“air rush" exhaust noise that occurs when air is otherwise trapped below a sold dustcap. 


Together the chamfered fieldplate and undercut pole piece create a symmetrical or "focused" magnetic 
air gap for reduced third harmonic distortion and a greater control of voice coil excursion. This magnetic 
circuit is a more costly approach. 


Currently this line uses spiders that are a second order non-linear design, to limit destructive 
voice coil excursions under higher input powers. This would allow for a greater linear excursion with- 
out the sidewall fatiguing and failure associated with overdriving cup type spiders. 


Across-the-board use of angled versus flat attached cone edges prevents the outer diameter of the cone 
body from flexing and creasing during high power applications. 


The predominate use of smaller diameter hard paper dustcaps and vented pole pieces allows 
the cone/dustcap to function as a small diameter piston to quietly "pump" air thru the voice coil circuit. 


Voice coil components that utilize Hi temperature thermostat adhesives are baked at 350° F 
for one hour. The adhesive that bonds the coil to spider to cone is an air drying two part epoxy. 


All cone assemblies call for a heavier than normal felted, hard paper stock that are dipped in an OEM 
automotive grade waterproofing solution. These cones have edges that use two layers of foam that 
are laminated together for an additional increase in stiffness. This will help control voice coil excursion 
under high input powers. 


The flex leads which are heavier than normal utilize 21 strands of silver plated cadmium bronze tinsel 


wire wrapped around a nomex core. This combination results in a part which exhibits a lower DC 
resistance per foot to eliminate lead charging and greater flexural and tensile strength. 
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J) The basket and fieldplate assembly is finished in a black epoxy based paint. This method has a 
greater resistance to corrosion and a better consistency in cosmetics versus most bright zinc or 
black dichromate plated finishes. 


K) All die-cut chipboard front gaskets are dipped in OEM automotive grade waterproofing. This will 
minimize shrinking or physical distortion of the part during the life of the product. 


Rockford Fosgate 
Series One Woofers 


A) Use of smaller magnet and voice coil assemblies that are consistent with the mainstream of Hi-Fi type 
drivers. A balance of economics and end-performance. 


B) The use of porous felt dustcaps allow for an economical way to vent the voice coil circuit during 
higher input power. 


C) Voice coil components that utilize Hi temperature thermostat adhesives are baked at 350° F 
for one hour. The adhesive that bonds the coil to spider to cone is an air drying two part epoxy. 


D) Allcone assemblies call for a heavier than normal felted, hard paper stock that are dipped in an OEM 
automotive grade waterproofing solution. These cones have edges that use two layers of foam that 
are laminated together for an additional increase in stiffness. This will help control voice coil excursion 
under high input powers. 


E) The flex leads which are heavier than normal utilize 21 strands of silver plated cadmium bronze tinsel 
wire wrapped around a nomex core. This combination results in a part which exhibits a lower DC 
resistance per foot to eliminate lead charging and greater flexural and tensile strength. 


F) The basket and fieldplate assembly is finished in a black epoxy based paint. This method has a 
greater resistance to corrosion and a better consistency in cosmetics versus most bright zinc or 
black dichromate plated finishes. 


G) All die-cut chipboard front gaskets are dipped in OEM automotive grade waterproofing. This will 
minimize shrinking or physical distortion of the part during the life of the product. 
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ACOUSTIC ABSORPTION 
The sound deadening (absorptive) characteristics of any substance. The reference unit of absorption is one 
sabine which is equal to the sound "absorbed" by a one square foot opening through which sound passes (open 
hole). 


ACOUSTICS 
A science dealing with the production, effects and transmission of sound waves through various mediums. 
Includes the effects of reflection, refraction, diffraction, absorption and interference. 


AMPLIFICATION 
Increase in signal level, amplitude or magnitude. 


AMPLIFIER 
A device which increases the level of a signal (by increasing the voltage or current). Some amplifiers are used 
to isolate or control a signal, and may not increase — or may actually decrease the level (line out converter, head 
amp). 


ANALOG 
An electrical signal whose frequency and level vary continuously in direct relationship to the original acoustical 
sound waves. "Analog" may also refer to a control or circuit which continuously changes the level of a signal in 
a direct relationship to the control setting. 


ANTENNA TRIMMER 
Most analog radios come with an AM antenna trimmer. It is necessary to adjust this trimmer for top AM reception, 
by turning the trimmer to the point where the sound is the loudest, increasing the sets signal-to-noise radio. 
(Follow manufacturer's instructions for specific instructions.) 


ATTENUATOR 
Used for increasing or decreasing the strength of a signal. 


AUTO LOUD (LOUDNESS CONTROL) 
Automatically provides low frequency enhancement for listening at low levels. (typically +6dB boost) 


BALANCE CONTROL 
A knob that lets you balance one pair of speakers, left to right. 


BANDWIDTH 
Refers to the "space" in the frequency response of a device through which audio signals can pass (between lower 
and upper frequency limits, those points where the signal level has rolled off 3 dB). 


BASKET 
This is the rigid frame of the speaker; it supports all the speaker components: cone, magnet, voice coil, terminals, 
grill and mounting holes. Most baskets are steel; however, new plastic basket speakers have recently been 
introduced. 


BASS 
The low audio frequency range, normally considered to be below 500 Hz. 


BI-AMPLIFICATION 
A stereo, or amplifier, that is "bi-amped" uses separate power amplifiers for the woofers and the mid-range/ 
tweeters in a speaker system. In a bi-amped system, the audio signal from the radio or tape is passed to an 
electronic crossover which divides the signal into bass and mid-range/treble signals. Each of these signals is 
then sent to its own independent amplifier and speakers. 
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Bi-amplification offers the advantage of more sound with fewer watts, less phase error due to elimination of a 
passive crossover. Two 5-watt amps can play louder with less distortion than a single 10-watt amp, used 
conventionally, and since each such amp has only part of the music to handle, it can do its job with less distortion. 


Bi-amplification also gives you a more precise bass and tone control. 


BOOMY 
Usually refers to excessive bass response, or a peak in the bass response of a recording, playback or sound 
reinforcement system. When such a condition exists, it may seem that all you hear is the "Boom, Boom, Boom" 
of musical instruments playing in this dominant low frequency range. 


CLIPPING 
Occurs when the continuous power-to-peak power capabilities (headroom) of an amplifier are exceeded. The 
result is very audible distortion, also visible on an oscilloscope. 


COAXIAL 
A coaxial speaker has a large cone for the low range, and a smaller tweeter for the high spectrum. There is 
a cross-over network which divides and routes the signal to the correct driver. 


CONE 
The most common shape for the radiating surface of a loudspeaker. Often used to refer to that part of the 
speaker that actually moves the air. 


CROSSOVER FREQUENCIES 
The frequencies at which a passive or electronic crossover network divide the audio signals - which are then 
routed to the appropriate speakers. Crossover frequencies are expressed in Hertz (Hz). 


CROSSOVER NETWORK 
A unit which divides the audio spectrum into two or more frequency bands. (See "crossover frequency") 


LOW LEVEL CROSSOVER NETWORK 
A crossover network designed to operate at line levels and which is placed before the power amplifier(s); used 
in bi- or tri-amplified speaker systems. May be electronic crossover. 


HIGH LEVEL CROSSOVER NETWORK (PASSIVE) 
A crossover network designed to operate at high levels and which is placed between the power amplifier and 
the loudspeakers (the type of crossover normally built into a speaker system). 


CROSSTALK (CHANNEL SEPARATION) 
Crosstalk is the amount of signal that leaks from one stereo channel into the other, or from one tape track into 
another. It is expressed in decibels, with the higher the value the better. Channel to channel crosstalk should 
be at least 30 dB, with 40 dB being very good. 


dB 
The "dB" (decibel) is a unit of measurement for ratios of sound level, power, voltage, and other quantities. The 
dB is only meaningful when referenced to some actual value (e.g., speaker output: 93 dB at one meter with 
1 watt of input power). 


dB SPL 
SPL is sound pressure level (i.e., an acoustical measurement). One dB SPL is the smallest audible difference 
in sound level. 0 dB SPL is 0.0002 dynes/square centimeter or 20 micro-pascals. It is also the threshold of 
human hearing at 1KHz (the threshold of pain is between 120 and 130 dB SPL). 
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Glossary (cont.) 


DIGITAL TIME DELAY 
This component electronically delays the audio signals in milliseconds, resulting in an effect much like one 
experiences in a concert hall performance. 


DIGITAL TIME DELAY GAIN CONTROL 
This control lets you select how much of the whole of your signal you wish to process or treat with digital time 
delay. 


DIN CONNECTORS 
DIN (Deutsche Industrie Normen) are German industrial standards, and are used as a standard in many 
European countries. In audio, DIN is the German plugs, sockets, etc. This single connector actually handles the 
functions of two connectors, simplifies installation and allows for quick disconnection. 


DIN SIZE 
DIN size refers to the stereo size that fits most European cars and conforms to the DIN (German industrial) 
standards. 


DIRECTIONALITY 
Speakers radiate their sound in an angle that becomes narrower and narrower as the sound frequency becomes 
higher. Therefore, a tweeter is very directional and a bass woofer is very non-directional. 


DISPERSION 
Dispersion is another word for distribution of sound. The bass tones of a speaker are basically non-directional, 
and in a car, fill up space. Treble or high sounds are very directional. 


DISTORTION 
Sound which is modified or changed in some way is called distortion. Itcan be caused by equipment which doesn't 
faithfully reproduce the original input signal. The percentage of distortion is a measure of the amount of signal 
change produced by a component. 


Any good amplifier states its power in terms of RMS (root mean square) or continuous power. That is, how much 
power it puts out continuously with a minimum of unwanted noise, or total harmonic distortion (THD). Many 
amplifiers list their power in peak terms, or how much power the amp will put out in a peak burst, but not hold 
continuously. Such amps generally have a high distortion figure, if shown at all. 


In a speaker, distortion is produced by several things, most related to poor construction. For example, poor 
alignment of the voice coil in the magnet gap can cause uncontrolled vibrations of the cone. Voice coil rubbing 
is the most common cause of speaker distortion, generally caused by being overdriven. 


DRIVER 
Another name for a loudspeaker; usually the term is used when the loudspeaker is coupled to a "horn" for acoustic 
coupling and controlled dispersion of sound. 


DYNAMIC RANGE 
The difference, in decibels, between the loudest and the quietest portions of a musical performance (or between 
the maximum signal level and the noise floor of electronic equipment). 


EFFICIENCY 
In a general sense, efficiency is the ration of energy output to the total energy input, expressed as a percentage. 
In speaker systems, efficiency refers to the ratio of total acoustic watts radiated total electrical watt input. Home 
speaker systems of 1% to 3% efficiency are typical, while larger horn-loaded sound reinforcement speakers 
sometimes reach 10% efficiency or more. Efficiency should not be confused with sensitivity, which measures only 
the on-axis sound pressure level in relation to electrical input power. 
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FADER 
A fader is a control that allows you to balance the sound in a four-speaker system from front to rear when used 
with a balance control, you can adjust the sound level from front to rear, and from right to left. 


FIDELITY 
A term used to describe the accuracy of recording, reproduction or general quality of audio processing. 


FLAT FREQUENCY RESPONSE 
(Flat response) generally accepted term for a circuit or audio system which will pass audio signals that vary by 
+10B or less between 20 Hz and 20 kHz. Response may also be "flat" (+1 dB) between frequencies other than 
20 Hz to 20 kHz, when so specified. 


FLOATING GROUND 
Speakers must be grounded to the unit, and not grounded to the car. (Speakers not having common ground 
point). 


FREQUENCY 
The rapidity of change in current or voltage in an electrical signal or of air pressure in an acoustical (sound) signal. 
Frequency is measured in cycles per second; 1 cycle per second (cps) is 1 hertz (Hz). The higher a note on the 
musical scale, the higher its frequency. 


FREQUENCY RESPONSE 
The range of frequencies which a device or audio system will pass. "Frequency Response" has no meaning 
unless a tolerance is specified; i.e., from( )Hzto( ) kHz and, most importantly, ( )dB. 


FUNDAMENTAL FREQUENCY 
The principal component of a complex waveform having the lowest frequency. 


GROUND LOOP 

Caused when multiple grounding points are used in a multi-component system. Many stray electrical currents 
are flowing through the car chassis, as a result of the grounding of different electrical components in the car. If 
both ends of a braided shield are grounded, or if multi-component systems are grounded independently, 
electrical currents in the vicinity of the ground connections will take the path of least resistance to the other end, 
which is over the shield (or audio cables) rather than through the higher resistance of the ground. When an 
electrical current flows through a conductor (the braided shield or audio cables in this case), magnetic forces 
expand and contract around the conductor. This is the condition that exists when multiple grounding points are 
used. This induced current is what causes the noise on a system (generally seen as high-frequency oscillations 
on an oscilloscope.) 


HERTZ 
Abbreviated "Hz", the unit of measurement for frequency: 1 Hz is equal to one cycle per second (cps). 


HIGH FREQUENCY DRIVER 
A loudspeaker designed specifically to reproduce the short, high frequency wave lengths. A high frequency driver 
typically has a small, lightweight diaphragm. 


HIGH-PASS FILTER 


A network of elements which attenuate all frequencies below a pre-determined frequency selected by the 
designer. Frequencies above cutoff are passed without any effect. 
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IMAGE REJECTION 
Often the same signal can be received at two or more points on the dial, of which only one is the true station 
signal. The other, false signals are called images. Tuners that cannot reject these false images give you sound 
with ghosts. Image rejection is expressed in decibels, and the higher the figure the better. A good figure would 
be in the area of 55 to 60 dB. 


IMPEDANCE 
The total opposition to the flow of alternating current in an electrical circuit. Impedance is measured in ohms. 


INPUT SENSITIVITY CONTROL 
Adjusts the input power (expressed in millivolts or volts) to reduce distortion. 


INTERMODULATION DISTORTION (IN LOUDSPEAKERS) 
Is generated in single cone speakers when the cone is reproducing a high and a low frequency simultaneously. 
If the low frequency is distorted in any way, it will distort the high frequencies by flattening off the peaks. 


kHz 
Abbreviation for kilohertz, or one thousand cycles per second. Formerly called kilocycles (Kc). 


LED (LIGHT) 
Light emitting diode. 


LOUDNESS CONTOUR 
The human ear does not hear low frequencies well at low volume levels. Therefore, a loudness control boosts, 
or enriches the low bass sounds when the volume is turned down. Should not be used at high volume listening 
levels. 


LOUDSPEAKER 
An electroacoustic transducer that converts electrical audio signals at its input to audible sound waves at its 
output. May be the same as "speaker". In a multiple driver system, the term "loudspeaker" may refer to a given 
driver whereas the term "speaker" may refer to the overall system, including all drivers, crossover network and 
the enclosure. 


LOUDSPEAKER COMPLIANCE 
It is the acoustical and mechanical equivalent of capacitance. Determines how easily a speaker cone/voice coil 
assembly will move when an electrical signal is applied to it. 


LOW-PASS FILTER 
A network of elements which attenuate all frequencies above a predetermined frequency selected by the 
designer. Frequencies below cutoff are passed without any effect. 


MAGNETIC STRUCTURE 
That part of the loudspeaker comprising the magnet, pole piece, top plate and back plate. 


MAGNET WEIGHT 
As ageneral rule the larger the magnet the larger each component must be: i.e. cone, voice coil, basket. However, 
efficient speakers have magnet weight in proportion to the other components. Be suspicious of huge magnets 
in relation to basket sizes such as: 40 ounce 5-1/4" round speakers. Oversized magnets can reduce 
responsiveness of the cone. 
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MIDRANGE DRIVER OR COMPONENT 
A loudspeaker specifically designed to reproduce the frequencies in the middle of the audible bandwidth. Most 
musical energy lies in the midband. A midrange driver is typically between three and eight inches in diameter. 


NOISE 
A random sound composed of many different frequencies not harmonically related. 


OHM 
The unit of measure of electrical resistance or impedance. 


PHASE 
Phase describes the relative position of two sound waves with respect to one another, usually measured in 
degrees. One complete cycle of a sine wave is considered to be 360, 1/2-cycle 180, et cetera. 


PIEZO ELECTRIC TWEETER 
A very efficient, highly sensitive, highly directional tweeter which operates without a magnet or crossover. 


PINK NOISE 
A sound which contains all frequencies perceptible to the human ear. Is used in the equalization of systems. 


PINK NOISE GENERATOR 
Produces pink noise. Usually includes a microphone calibrated to the pink noise generator. 


POLE MOUNT 
A design frequently used in automotive loudspeakers in which the high frequency driver is mounted on a center 
pole. Although such mounting puts the driver in the right spot, it also leads to mechanical problems, as dust and 
dirt can enter the moving assembly at the base of the pole. 


POWER HANDLING CAPABILITY 
In speaker systems, the maximum amount of power that can be safely accommodated without damage. The 
power handling capacity will vary depending on the frequency and length of time the signal is applied. 


PRE-AMP 
A pre-amp includes all of the controls for regulating tone, volume, and channel balance. It is a circuit unit which 
takes a small signal and amplifies it sufficiently to be fed into the power amplifier for further amplification. 


PRE-AMP FADER 
This circuitry provides an effective level control between two amplifiers, built-in and external without loss of 
power. 


REMOTE POWER ON SWITCH (AUTOMATIC) 
This switch gives you the option of placing the amplifier out of sight in a trunk or in a compartment. When you 
turn the power of your radio on, the amp power automatically goes on. When the stereo is off, the amp is off. 


RESISTANCE 
The opposition to flow of AC or DC voltage in a electric current, measured in ohms. 


RESONANCE 
The lower end of the frequency response spectrum (bass tones) is heavily influenced by the resonance (pitch) 
of the speaker. If you tighten a drum it raises its resonance. This same effect is achieved in a speaker by stiffening 
its cone suspension. 


A speaker with good resonance features good bass response without bottoming out (rattling or vibrating). 
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RESONANT FREQUENCY 
In an audio device or system, a frequency at which there is a response peak. (Occurs due to a specific interaction 
of inductive and capacitive circuitry). 


RMS 
Root mean square. 


SABINE UNIT 
Unit of absorption equivalent to the absorption of 1 square foot of surface which will absorb all incident energy. 


SENSITIVITY (LOUDSPEAKER SENSITIVITY) 
The sound pressure level a speaker produces when fed by a given input power, measured at a specified distance 
on-axis (directly in front of the speaker). Usually specified in dB SPL at 1 meter, 4 feet or 30 feet, and with a 1 
watt or 1 milliwatt input signal. 


SEPARATE BASS AND TREBLE CONTROLS 
One tone control knob for adjusting the entire range from bass to treble tones can only increase or decrease the 
high frequency response, while separate bass and treble controls can increase or decrease both tones 
independently, offering a much more complete control of bass and treble mix. 


SIGNAL-TO-NOISE RATIO (S/N) 
This figure specifies, in decibels, how quiet and hiss-free the background will be in relation to the music, with 
a good signal. A rating of 60 dB, for example, means that the signal is 1,000 times stronger than the noise. The 
higher the better. 


The following chart matches commonly used GB ratios to the number of times the signal is greater than the noise: 


Signal-To-Noise Ratio (dB) Times Signal Greater Than Noise 
10.0 3.20 
20.0 10.00 
30.0 32.00 
40.0 100.00 
50.0 316.00 
60.0 1,000.00 
70.0 3,162.00 
80.0 10,000.00 


SOUND 
Is a wave propagated in an elastic medium (air) producing an auditory sensation in the ear by the change of 
pressure at the ear. 


SPL (SOUND PRESSURE LEVEL) 
An acoustic measurement of the sound energy, usually measured in dB SPL (see "dB SPL"). Not the same 
as loudness, which involves subjective measurement based on the human ear's differing sensitivity at different 
frequencies and levels. 


STANDING WAVES 
When a sustained tone is emitted in an enclosure (room, automobile, speaker cabinet) consisting of parallel 
walls, a standing wave train is set up. Standing waves are created when two wave trains, moving in opposite 
directions, interfere. When a reflected wave reinforces a rarefaction of the original waveform, the sound waves 
reinforce themselves, thus increasing the amplitude. Due to size limitations, automobile interiors can not sustain 
standing waves in the low frequency spectrum. 
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SUBHARMONIC 
Subharmonics are obtained mathematically by dividing the fundamental frequency by the desired number 
harmonic. As an example the subharmonic of 500 Hz is 250 Hz. 


SUB-WOOFER 
A loudspeaker made specifically to reproduce the lowest of audio frequencies, approximately between 25 Hz 
and 125 Hz. | 

THRESHOLD OF PAIN (IN RELATION TO dB) 
The threshold of pain is the minimum value of sound pressure of a given frequency that will cause discomfort 
or pain to a listener fifty percent of the time. Discomfort starts at a sound level of 118aB. If the frequency falls 
within the range of 200 to 10,000 Hz. Actual pain starts around 140 dB in the same frequency range. 
(NOTE: A sound level of one pound per square foot is equal to 147.4 dB). 


TITANIUM-DOME SUPER TWEETER 
Titanium is a material known for its good heat handling characteristics, and its ability to resist moisture. 


TRANSIENT RESPONSE 
The ability of an amplifier, microphone, or speaker (etc.) to follow sudden changes in audio levels. 


TRANSDUCER 
Any device which converts energy from one form to another, as electrical to acoustic or vice-versa. For example, 
loudspeakers and microphones are two types of transducers. 


TWEETER 
A loudspeaker used in a 2-way or more complex speaker system to reproduce only the treble or high frequencies 
of the audible spectrum (See "High Frequency Driver"). 


VOICE COIL 
A coil of wire wrapped around a tube (coil form) attached to the speaker cone or driver diaphragm. The coil 
becomes an electromagnet when an audio signal is applied; this interacts with a permanent magnet and causes 
the cone or diaphragm to vibrate. 


WATT 
A unit of measure for electrical or acoustical power. 


WOOFER 
A loudspeaker or driver in a 2-way or more complex speaker system that is used to reproduce only the bass or 
lower part of the audible spectrum. 


WOW AND FLUTTER 
These are inconsistencies in the tape speed which can cause pitch variations and quivering sounds. They are 
expressed in percentages, with different values for each tape speed. A figure of 0.25% is good, with the lower 
the figure the better. 
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